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Abstract:
The emerging millimeter-wave microphones have garnered considerable attention in recent

years due to their potential for sound detection in various applications, particularly in situations
where traditional microphones may be impractical. However, despite their promise, there is a
notable lack of evidence demonstrating high-quality sound recovery of moving sources, which
remains a significant challenge in the field. This paper addresses this critical gap by proposing a
novel method for displacement alignment that improves the detection and recovery of sound
signals from moving sources. The proposed method works by first aligning the displacement of
the sound source over time, which ensures that the signals are synchronized and avoids
interference from movement of sources. Subsequently, precise surface vibrations are extracted
from the aligned signals, providing data for sound recovery. A finite impulse response (FIR) filter
is applied to remove low-frequency motion, which often interferes with the clarity of the detected
sound. Experimental results demonstrate the method’s effectiveness in recovering high-quality
sound from moving sources, offering a promising solution for advancing the emerging
millimeter-wave microphone technology in real-world applications. This work could pave the way
for more accurate and reliable sound detection systems, particularly in dynamic environments.

I. Introduction
Sound detection is crucial in applications such as speech communication, human-machine

interaction, vibration reduction, and fault diagnosis. Over the past few decades, numerous sound
detection methods have been proposed, including capacitive microphones[1], laser
microphones[2], [3], visual microphones[4], [5], and microwave microphones[6], [7]. These
methods have demonstrated significant effectiveness in measuring static sound sources. However,
with the increasing demand for measuring moving sound sources, conventional methods suffer
numerous challenges.

Capacitor microphones, which use diaphragms to detect air vibrations and recover sound
signals, have been widely used for decades. However, their effectiveness is limited to close-range
applications, hindering their use in wide-area monitoring. Different from capacitor, laser
microphones, visual microphones, and microwave microphones capture surface vibrations and
convert them into audio signals. Among them, laser microphones are well-developed with high
bandwidth [2], making them suitable for multi-source, high-quality sound detection. However,
they require a flat surface flatness and are less suitable for general environments. With
advancements in computer vision and the widespread use of cameras, visual microphones have
gained significant attention in recent years. Leveraging high-speed video cameras, auxiliary
lighting, and advanced signal processing techniques[4], [5], visual microphones can
simultaneously identify multiple sound sources within a wide field of view, making them a
promising candidate for various sound detection environments.

Most of the mentioned studies have demonstrated significant effectiveness in measuring
static sound sources. However, when sound sources are in motion, these methods face challenges



such as Doppler effect and reduced measurement accuracy. To improve detection performance for
moving sound sources, multimodal techniques have been proposed [8]. These combine audio and
visual information to improve sound detection performance. Audio offers the frequency of the
sound source, while visual information provides details such as the motion trajectory. By fusing
multimodal information, more accurate detection of moving sound sources can be achieved.
Beamforming techniques [9], which weight signals received by a microphone array to form
directional beams, track the position and trajectory of moving sound sources. However, both
techniques require strict synchronization and calibration, with complex post-processing steps.

With the development of integrated communication perception, microwave antennas have
been fully equipped in thousands of households and explored as a possibility for perception [10],
[11]. These highly integrated and stable systems have fueled interest in sound detection,
particularly through microwave microphones [6], which capture surface vibrations using
electromagnetic waves and convert them into audio signals. Microwave microphones have
demonstrated micron-level displacement measurement accuracy[12], [13], [14], [15], enabling the
detection of most vibrations [16], [17], [18] and sound recovery[19]. They primarily operate in
two modes: single-frequency continuous wave[13] (CW) and frequency-modulated continuous
wave [6], [20], [21], [22] (FMCW). The displacement detection by CW radar is mainly realized by
arctangent demodulation [23], parameterized demodulation [13] and modified differentiate and
cross-multiply (MDACM) technique [24]. It is commonly used for vocal signal detection but lacks
the capability for multi-source detection. FMCW radar addresses this limitation by segmenting
space into multiple range bins, allowing sound detection specific to each bin. Based on these
researches, microwave microphone has been applied in voice user interfaces[25], demonstrating
its versatility and feasibility across various applications. Moreover, several efforts have been made
in static clutter elimination [20], [26], accuracy self-evaluation [21], super resolution [27], [28],
Noise suppression [29], [30] and weak signal enhancement [31], [32] to improve accuracy of
displacement and performance of recovered sound. Microwave microphones, which harness the
power of electromagnetic waves, exhibit minimal susceptibility to Doppler effects. They boast
compact device dimensions and facilitate synchronization, rendering them exceptionally
promising for the detection of moving sound sources. Nonetheless, prior researches in this realm
have not yet been explored, and the task of achieving high-quality sound recovery from moving
sources remains a challenge.

To address the challenge, this work proposes and validates a displacement alignment method
for high-quality sound recovery from moving sound sources. The method mitigates the effects of
movement by aligning the sequential positions of the targets. In aligned signals, moving sound
sources can be regarded as pseudo-static, thereby presenting high quality sound signals of the
moving sound sources. This method is validated through experiments.

II. Displacement Measurement Using Millimeter-wave Radio
A. System Overview

As the carrier of microwave microphone, radar recovers audio by sensing the vibration of the
surface of the sound source, which is essentially a displacement measurement. A FMCW radar
system is employed to realize the displacement measurement. Fig. 1 illustrates the schematic of
displacement with FMCW radar. The transmitted FMCW millimeter-wave signal is generated by
voltage-controlled oscillator (VCO) and amplified by power amplifier (PA), emitted by
transmitting antennas (TX). Signals reflected from the sound source surface are received by the



receiving antennas (RX) and processed through a low-noise amplifier (LNA), mixers, low-pass
filter (LPF) and analog-to-digital converter (ADC), the baseband signals are obtained to carry out
the sound detection. The displacement of the surface of the sound source is obtained from the
phase component of baseband signals.
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Fig .1 Schematic of displacement detection with FMCW radar.

Fig. 2 Details of transmitted linear frequency modulated continuous wave

B. Displacement Measurement Based on Phase Estimation
As shown in Fig. 2, assume that frequency modulated continuous wave (FMCW) is:

2
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(1)

where 2 1j   , t denotes sample time in q -th frequency chirp. 0f is carrier frequency of

FMCW signal, K is the frequency slope of modulated signals. Suppose there is a moving target
with slant range R at 0q , then the target’s range can be given as

   r q R x q  (2)
where  x q is the target’s displacement in q -th frame. If the transmitted FMCW is reflected by
the sound source and then received by RX, the baseband signal ( , )Bs t q can be represented as
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where a is the amplitude of the received signal, c is the speed of the light.
After Fourier Transform, the heatmap within the q -th frame is
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where 0 2cf f KT  , T is the maximum sampling time in a frame, R̂ denotes the estimated range

of the target. Heatmap ˆ( , )Bs R q divides the range space into multiple range units to display the
distribution of multiple targets. Boundary of the range units defined by

 ˆ ,      1, 2, ...
2
cR R x q
KT
     (6)

According to equation (5), the length represented by a range unit is 2c KT . If each range
unit contains only one target and the target always stays in that range unit, then the estimated

range R̂ can be regarded as constant. The estimated differential displacement    ˆ ˆ 1x q x q  can

be obtained by cross-multiplying the  ˆ,Bs R q and  ˆ, 1Bs R q , that is
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For a sound source, such as a speaker, its outer surface vibrates when excited. Radar detects
these vibrations by measuring the surface displacement, interpreting them as audio information.
This approach could provide valuable insights for sound source detection in specific environments.
However, if the target moves, the estimated range R̂ can no longer be considered constant, and

phase changes in  ˆ,A R q will distort displacement estimation. According to equation (5), when

the total displacement exceeds half a range unit c/4KT, a phase shift in  ˆ,A R q inevitably occurs.

This situation is unavoidable in practical applications, necessitating a new method for detecting
moving sound sources.

III. Sound Detection and Recovery of Moving Sound Source
A. Displacement Alignment for Moving Target

To cope with the effect of target movement on displacement measurements, it is necessary to

remove time-varying variable  r q from  ˆ,A R q . Suppose  x̂ q is a reference displacement.

We define an operator   ˆ,t x q as:
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By multiplying ( , )s t q with   ˆ,t x q , we obtain a demodulated signal as
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After applying the Fourier Transform, the demodulated signal ( , )u t q in range domain could be
stated as
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If  x̂ q and  x q have the same trend, then      ˆx q x q x q  . It implies that the target

displacement represented by signal ( , )u t q decreases. According to equation (5), smaller

   ˆx q x q results in less time-varying characteristic in  ˆ,A R q , leading to higher accuracy in

displacement  x q . If  x q is approximated to  x̂ q , the time-varying characteristic in  ˆ,A R q

could be neglected. As shown in Fig.3, after the baseband signal is multiplied by the operator
constructed from the reference displacement, the target in the new signal no longer varies along
the range dimension, hence the is regarded as displacement alignment. We could directly extract

the residual displacement    ˆx q x q from  ˆ,u R q . Then, add    ˆx q x q and the reference

displacement  x̂ q to obtain the accurate displacement measurement result.
To ensure the reference displacement  x̂ q closely approximates the actual displacement

 x q , zero-padding is applied in the Fourier transform. This enhances the resolution of Fourier
transform, enabling localization accuracy far exceeding c/2KT. As shown in Fig. 4, each time a
zero-padding expands the original signal to double its size, the maximum resolution error becomes
half of its original one. By repeating the zero-padding, the maximum resolution error becomes
smaller until  R̂ q is sufficient to approximate the displacement  x q . The resulting
time-varying range  R̂ q serves as a reference displacement  x̂ q for obtaining  x q . Note
that, as referenced in [33], the accuracy of  R̂ q is lower than that of the displacement  x q

derived from phase. Therefore,  R̂ q should only be used as a reference, not as a substitute for
 x q .
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Fig. 3 Schematic of sound detection with millimeter-wave radar.
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Fig.4 Schematic of the repeated zero-padding.

B. High-quality Sound Recovery

The surface displacement of a stationary sound source directly corresponds to audio signal.
However, for a moving sound source, the situation is more complex. Primarily, the motion of the
target introduces frequency interference in the propagating electromagnetic waves, leading to the
Doppler effect, which is a significant source of disturbance. Additionally, the surface
displacement of a moving sound source consists of two components: a large amplitude
macro-motion and relatively weak sound-induced vibrations, the latter of which are often masked
by the former. Therefore, post-processing is crucial for extracting clear audio information.

To isolate the low-frequency macro-motion from the composite displacement signal, we
employed a FIR high-pass filter, as illustrated in Fig. 3. The overall workflow of the proposed
algorithm is presented in Algorithm I. For comparison, the conventional workflow of recovering
sound is shown in Algorithm II. In summary, the displacement alignment method enables precise
capture of the sound source's surface vibration, while the high-pass filter effectively separates



low-frequency motion interference, playing an essential role in the audio recovery process of
moving targets.

Algorithm I Proposed high-quality sound recovery method
1. Initialize: 0,g 

2. Obtain baseband signal ( , )Bs t q

3. Apply Fourier Transform, get ( , )Bs R q

4. Peak retrieval to obtain the  ˆ gR q that maximizes ˆ( , )Bs R q

5. While    1ˆ ˆg gR q R q  

6. Zero-padding for ( , )Bs t q , then apply Fourier Transform to get finer ( , )Bs R q

7. Peak retrieval to obtain the  1ˆ gR q that maximizes ˆ( , )Bs R q ,    1ˆˆ gx q R q

8. 1g g 

9. Get demodulated signal     ˆ( , ) , ,Bu t q s t q t x q 

10. Apply Fourier Transform, get ( , )u R q

11. Peak retrieval to obtain the R̂ that maximizes ˆ( , )u R q

12. Cross-multiplying ˆ( , )u R q and ˆ( , 1)u R q  , get displacement  x q

13. High-pass filtering to recover the sound signal

Algorithm II Conventional sound recovery method
1. Obtain baseband signal ( , )Bs t q

2. Apply Fourier Transform, get ( , )Bs R q

3. Peak retrieval to obtain the  R̂ q that maximizes ˆ( , )Bs R q

4. Cross-multiplying  ˆ( , )Bs R q q and  ˆ( , 1)Bs R q q  , get displacement  x q

5. High-pass filtering to recover the sound signal

C. Doppler effect
While using electromagnetic waves to detect a moving sound source, the frequency of the

signal received by the radar is different from the ideal frequency, which is known as Doppler
effect. In this subsection, a discussion is presented to explore the impact of Doppler effect on
sound recovery.

Suppose the radar emits a single-frequency signal with phase  1 t

 1 12t f t  (12)

where 1f denotes frequency of the transmitted signal. The received signal phase  2 1
ˆ2t f t  is

supposed to be emitted by radar at time t̂ , then    ˆc t t r q  is satisfied. If both radar and

target maintain constant velocity 1v and 2v , then
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Substitute t̂ into received signal phase  2 t , then
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The equation specifically notes the frequency shift and time delay scaling caused by the
Doppler effect. Among them, time delay scaling means that the measured target position  r q

and corresponding displacement  x q will be magnified to
2

c
c v

times the true ones. In the

scenario discussed in this study, the target's movement is slow. Taking 1 m/s as an example, the
total displacement scale of the target has to reach 1000 m to generate a maximum measurement
error of 1 μm. Therefore, the scaling can be ignored. On the other hand, since the displacement
measurement method proposed in this manuscript is entirely based on phase estimation, the impact
of frequency offset on the results can also be ignored.

IV. Experimental Validations
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Fig. 5 Setup of the experiment.

In this section, we apply the proposed method to analyze signals captured from a moving
speaker, demonstrating its potential application. The experimental setup is shown in Figure 5,
involves a speaker mounted on a sliding platform facing the radar. When the speaker is excited, its
surface vibrates, and these vibrations are captured by the radar as displacement. The radar operates
within a frequency range of 77 GHz to 80 GHz, with a sampling interval of 0.5 ms, resulting in a
sampling rate of 2000 Hz for the speaker's surface vibrations. According to the Nyquist sampling
theorem, this setup is sufficient to capture audio frequencies below 1000 Hz.

During the experiment, the speaker played a piano audio recording while the platform moved
away from the radar at a speed of 1 mm/s. The input audio signal and its corresponding speaker
surface vibration are shown in Fig. 6. The input audio amplitude, representing relative volume, is
normalized, while the speaker’s surface vibration amplitude is around 10 to 20 mm. These
vibrations can be effectively captured by the radar. To compare the performance of the proposed
method, sound recovered by conventional method (Algorithm II) were also demonstrated, as
shown in Fig. 6(c) and Fig. 6(f).
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Fig. 6 Comparison between input signal and recovered sound from speaker. (a) Input signal of the speaker. (b)

Vibration recovered by the proposed method. (c) Vibration recovered by conventional method. (d) Time-frequency

spectrum of the input signal. (e) Time-frequency spectrum of vibration recovered by the proposed method. (f)

Time-frequency spectrum of vibration recovered by conventional method.
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Fig. 7 Zoomed-in time-frequency spectrum for the 50–300 Hz. (a) Time-frequency spectrum of the input signal. (b)

Time-frequency spectrum of the recovered sound.
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Fig. 8 Zoomed-in time-frequency spectrum for the 300–500 Hz. (a) Time-frequency spectrum of the input signal.

(b) Time-frequency spectrum of the recovered sound.

The corresponding time-frequency spectrum are shown on the right of Fig. 6. Compared to
the time-frequency spectrum of the input signal, the spectrum obtained through the proposed
method exhibits some degradation in the high-frequency range, yet it still captures the original
trend. Additionally, vibration obtained via conventional method show significant jitter in specific
intervals (5-6s, 10-12s), which obscures the corresponding region in time-frequency spectrum. To
highlight the details, we provide zoomed-in spectra for the 50–300 Hz (Fig. 7) and 300–500 Hz
(Fig. 8). In the 50–300 Hz range, the speaker's surface vibrations closely match the input audio
signal. However, as the frequency approaches 500 Hz, the signal begins to degrade. Beyond 500
Hz, the spectrum becomes indistinguishable, as shown in Fig. 6. To investigate this performance
gap, a frequency sweep experiment was conducted ranging from 0-1000Hz. The experimental
results are shown in Fig. 9.
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Fig. 9 (a) Time-frequency spectrum of the input signal. (b) Surface vibration detected from radar. (c) Surface

frequency response of the applied speaker.

The amplitude of the input signal remains consistent across each frequency band, however,
the vibration amplitude of the speaker surface is not uniform across all bands. Specifically, the
vibration amplitude is approximately 0.01 mm in the extremely low-frequency band (below 200
Hz), 0.015 mm in the low-frequency band (200-500 Hz), and attenuates to around 2 mm in the
high-frequency band (exceed 500 Hz). This explains the variations in sound recovery by the radar
across different frequency bands.



A multiple objective experiment was also conducted. Among them, two sliding platform
were adopted. One slider moved with a non-uniform velocity ranging from 10 mm/s to 2 mm/s,
while the other moved at 5 mm/s. Each slider was rigidly connected to a speaker, designated as
speaker A and speaker B, respectively. The radar-detected surface vibrations of the speakers are
depicted in Fig. 10.
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Fig.10 Recovered sound from speaker A and speaker B. (a) surface displacement of speaker A. (b) Time-frequency

spectrum of speaker A. (c) surface displacement of speaker A. (d) Time-frequency spectrum of speaker A.

The motion of speaker A, which includes multi-stage constant-speed movements and
acceleration/deceleration processes, can be considered nonlinear. In contrast, speaker B operates at
a speed (5mm/s) five times faster than that in the single-target experiment (1mm/s). Using the
proposed method, both speakers can recover sound frequencies ranging from 0 to 1000 Hz,
showing no significant difference compared to the single-target experiment. It demonstrates that
the proposed method is applicable to a range of velocities, multiple simultaneous sound sources,
and even scenarios involving nonlinear movement patterns.

In summary, this experiment not only validates the effectiveness of the proposed method but
also demonstrates its potential for processing signals from moving sound sources.

V. Conclusion
This paper introduces a novel displacement alignment method that effectively addresses the

challenge of high-quality sound recovery from moving sources in millimeter-wave microphone
sound detection. By aligning the displacement over time and utilizing FIR filtering to mitigate
low-frequency interference, the proposed method demonstrates significant improvements in sound
detection accuracy. Experimental results validate the effectiveness of this approach, offering a
promising solution to enhance radar-based sound recovery, with potential applications in various
fields requiring precise monitoring of dynamic sources.
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